Reliability and effectiveness are essential features of satellite transceivers for telemetry and telecommand applications. Modem performance has a strong impact on the success of a satellite mission, in particular, during critical scenarios as the early operation phase, the disposal of a satellite at the end of its life, or the deep-space missions. In these specific mission critical scenarios, fast and correct data reception is even more important than high channel capacity. An unknown and fast variable channel condition, which can be caused by uncertain spacecraft attitude and large Doppler shift with respect to the data rate, requires efficient and innovative receiver architecture. This paper introduces a complete digital implementation of a transceiver for TM/TC application in low Earth orbit mission that is perfectly compliant with aforementioned requirements. Particular attention is dedicated to the definition and selection of the most appropriate frequency recovery technique; 2 open-loop techniques that are derived from ML optimal estimator are presented and compared. Additionally, the performance of the proposed receiver is extensively studied and compared with an incoherent technique that is based on the double differential PSK modulation and is known to be suitable for sat-com in critical scenarios.
In coherent receivers for LEO application, a frequency recovery circuit is necessary to reduce the offset that is caused by the Doppler shift. A typical frequency recovery system performs 2 functions, the estimation of the carrier frequency offset and the compensation. 9 When the frequency shift is comparable with the symbol rate, a typical condition during a critical phase, the frequency estimation becomes a challenging task. For instance, the data-aided technique, which is based on the ML-estimation and proposed in one study, 10 shows performance that is close to the Cramer-Rao lower bound (CRLB) theorethical limit 11, 12 only when the frequency offset is about 20% of the symbol rate. Alternatively, the estimator proposed in another study 13 achieves a stable carrier lock after few symbols even for a nonconstant Doppler, but it has an acquisition range that is limited to the 40% of the symbol rate.
The paper focuses the attention on the open-loop techniques, which are derived from the maximum likelihood estimate under several assumptions and approximations. In particular, it will address 2 different frequency recovery circuits, and their performance will be compared with a receiver implementing an incoherent DD-PSK. 14 The first solution, which is based on the well-known digital delay and multiply estimator, adopts an innovative configuration consisting of a consecutive coarse and fine estimation and providing a good performance even if the link is affected by a strong Doppler shift, ie, much greater than the bit rate. The other proposed solution takes advantage of the fast Fourier transformation that is used in combination with decimator blocks and filters. This novel implementation reduces the computational effort and the estimation's variance allowing an excellent performance also in critical scenarios that are characterized by fast channel variations. The proposed solutions have been analysed through different numerical simulations, each one dedicated to characterize significant parameters, namely, bias, RMSE, and acquisition time. On the other hand, at system level, the Bit Error Rate has been evaluated by considering theoretical and real link-budget that takes in account time-variant Doppler shift, unstable signal-to-noise ratio, radio frequency impairments such as nonlinearity, and phase noise. The approach addressed in this paper could be used as a reference guideline for satellite communication in critical scenario.
The paper is organized as follows: Section 2 provides an overview of the application's scenario including the link budget in a critical scenario and a characterization of the Doppler shift. Section 3 describes the modem architecture with a focus on the receiver side. Section 4 proposes a complete description of the proposed frequency recovery techniques based on Delay and Multiply and FFT Estimator, an analytical analysis of their operative principles and a simulated comparison of estimator performance. Section 5 compares the performance of the direct-conversion receivers with the incoherent DD-PSK demodulator and shows the simulated results, which have been obtained. Finally, conclusive remarks are given in Section 6.
SCENARIO
The target application is a TM/TC radio transceiver for satellite in LEO. This application usually requires low or medium channel rate capability; particularly, a satellite ground operator needs a bit rate of about 32 kbps to control and monitor the satellite within a visibility window. ECSS standards 15 define the operating conditions and the performance of a typical TM/TC transceiver by requiring that the transceiver shall ensure an essential communication link at all spacecraft attitudes and attitude rates. This condition guarantees that the TM/TC capabilities are available from the first instants of satellite life, launch, and early operation phase, up to the end of the mission, the decommissioning phase.
The operative frequencies that are reserved to TM/TC applications are in the S-band; in particular, the ITU radio regulation and satellite standard 16 define the following subrange:
• Frequency range: 2025 to 2110 MHz for Earth to space link;
• Frequency range: 2200 to 2290 MHz for space to Earth link.
The reference orbit, which is considered in the study, is a LEO orbit that is similar to the International Space Station one (orbit height and inclination are equal to 450∼km and 52 deg, respectively).
The target spacecraft is equipped with an hemispherical patch antenna dedicated to TM/TC link that is placed on yaw satellite's face. In nominal satellite condition, with a working attitude stabilization system, this configuration provides a stable signal and the received power is easily computed by means of standard link budget equation:
where E b ∕N 0 is the energy-per-bit to noise-power spectral density ratio, C∕N 0 is the carrier to noise power spectral density ratio, R b is the Bit Rate, L path and L other are, respectively, the path loss and the other losses of the link (ie, atmospheric losses and pointing error losses), G∕T is the antenna gain over noise temperature ratio, and k is the Boltzmann constant. The selected scenario considers a ground station center equipped with a parabolic dish antenna characterized by an antenna gain up to 35 dB. The link budget of the TM/TC link in the S-band for the selected application is reported in Table 1 ; by assuming a worst case scenario, the lower value of E b ∕N 0 is obtained for the telemetry down-link and it is equal to 14.7 dB. It is worth underlining that the channel model does not take in account the effect of multipath fading that in the case of satellite TM/TC link is negligible because the ground station antenna has limited half power beamwidth and features a pointing mechanism. 17 Figure 1A reports the SNR values at the receiver as a function of time during a visibility window; its minimum values are reached at the beginning and at the end of each window, ie, when the satellite is close to the horizon. On the other hand, Figure 1B shows the SNR versus time in case of uncontrolled attitude of the spacecraft; the signal strength presents large variations because of satellite motion. 3 The other main channel impairments in TM/TC link for a satellite that is placed in non-geostationary orbit is the large and time-variant Doppler shift within the visibility window of satellite.
The Doppler effect is caused by the relative motion of the satellite with respect to the ground station. It mainly depends on the satellite orbit, the ground station position (latitude) and the frequency value of the link. The well-known equation of Doppler effect is:
where f r is the received signal frequency, Δf is the Doppler shift, v r is the radial component of the relative velocity of the receiver with respect to the ground station, and c is the speed of light. The frequency Doppler shift is represented by the S-shaped curve, which is shown in Figure 2A considering the above-mentioned ISS orbit; the shift is function of the time and of the maximum elevation angle max ; moreover, it is equal to 0 in the middle of the visibility window when the elevation angle reaches the maximum value. The maximum shift is within the -60 kHz to 60kHz interval; it occurs when the elevation angle approaches the minimum elevation angle, which is evaluated equal to 10
• .
Another important parameter is the Doppler shift rate that represents the shift variation over the time. The curve in Figure 2B describes this feature; the worst case is achieved in the center of visibility window, when the satellite is closer to the ground station, and the Doppler rate is lower than -800 Hz per second.
TRANSCEIVER ARCHITECTURE
The proposed transceiver architecture encompasses an analog front-end with a diplexer to divide the receive and the transmission chains. A high level functional block diagram of the transceiver is depicted in Figure 3 . The transceiver uses a direct-conversion implementation, so that the received signal is down-converted to 0-IF frequency and the base band signal is up-converted to the RF band by the radio frequency section. The base band digital section is implemented on a FPGA module. A model of the architecture has been realized in Simulink, so allowing an evaluation of its performance. 
Transmitter
The transmitted signal is a differential PSK whose information is found in the phase differences of 2 consecutive bits. The binary data are generated by a random source with bit probability of 50% and differentially encoded by multiplying the bit with the delayed version of the previous one. For simplicity, we assume that the pulse shape is an ideal rect and satisfies the Nyquist criterion for 0 interference. The analytical form of the D-PSK signal is:
where
• E b is the energy per bit;
• f RF is carrier frequency;
is the differentially coded information; and
• n is the coded modulation information, i.e. the phase contribution associated to the transmitted data,
Direct-conversion receiver
The direct-conversion receiver, also known as 0-IF receiver, allows the RF signal to be demodulated by a local oscillator whose frequency is as close as possible to f RF , carrier frequency of the received signal. 9 The strategy that is pursued by the receivers is to estimate the Doppler frequency shift by evaluating the average frequency of the 0-IF input signal. In fact, this signal is frequency shifted away from 0 Hz by the Doppler effect. After frequency estimation, the Doppler shift is removed by derotating the received signal samples. 6 In the receiver, the delay and clock recovery is performed before the carrier synchronization; for simplicity, we assumed that the symbol delay is 0.
The base band digital section is based on the scheme of the D-BPSK demodulator that is depicted in Figure 4 : in the diagram, the thick arrows represent the complex-value samples.
The derotating function is performed by a mixer and a direct digital synthesizer, which generates a signal w k that is characterized by Equation 3 .
The r k signal that is affected by the Doppler shift is mixed with the compensation signals to translate the baseband message signal spectrum closer to the 0 Hz value. After the frequency compensation, an integrate and dump and a D-BPSK decision complete the receiving chain. The receiver does not need phase recovery scheme before the bit decision because the transmitted signal r k is D-PSK modulated.
The input signal is defined by the following equation:
where • E sample is the energy per sample;
• T sample is the sampling time;
• Δf is the Doppler shift on nth symbol;
• n is the carrier phase on nth symbol that is assumed to be an unknown random variable uniformly distributed in [− ; ];
• Δ n is the differentially coded information of the transmitted signal; and
• n k is a discrete time-complex Gaussian noise (AWGN) with 2-sided power spectral density N 0 ∕2. The x n signal, which is obtained after frequency compensation and filtering, is equal to
By assuming a correct estimation, the signal becomes
Before analysing the estimator, it is important to observe that the low-pass filter before base band digital section has been designed so that even the signal that is affected by the maximum Doppler shift is allowed to pass. The filter bandwidth is defined by the relation B LPF = R b + maxΔf; all receiver parameters are reported in Table 2 .
DOPPLER SHIFT ESTIMATORS
The problem of Doppler estimation has been deeply discussed in literature, and many solutions have been proposed. Each solution shows specific pros and cons that make them less or more suitable for the considered applications.
Frequency estimation systems are usually classified according to the values of the acquisition range in comparison with the symbol rate R sym 9 :
• when frequency shift is much smaller than the symbol rate (usually when Δf < 10%R sym );
• when frequency shift is of the order of the symbol rate R sym .
In the first case, data-aided or decision-directed operation could be used with PSK demodulation because timing and data information are computed before frequency recovery.
Data-aided technique based on ML-estimation affords accuracies that are closed to the CRLB 11,12 for a frequency offset about 20% of the symbol rate. 10 In one study, 13 a close-loop ML estimator that is named "adaptive optimized steepest descent" is described as the best tracking method so far. It provides a stable carrier lock after only 6 symbols also in the case of a nonconstant Doppler; nonetheless, the optimal acquisition range of this system is limited to the 40% of the symbol rate.
As for the second case, an open-loop ML scheme is proposed in another study, 9 which is called the delay-and-multiply method. This method is suitable for bursty communications thanks to the very short acquisition time; moreover, it is characterized by a mean square error comparable with the closed-loop techniques. 19 Finally, it is worth to recall that the ML estimator of the frequency of a sinusoidal signal is the maximum of the periodogram. 20 Such estimator is theoretically optimum and its analytical formulation is defined by Equation 6
Δf ML = arg max
where:
• r k represents the samples of the received signal r(t);
• N is the number of available samples; and • Δ f is the frequency resolution of the periodogram.
The disadvantage of the maximum likelihood frequency estimator are the excessive computation and storage requirements that are due to its exhaustive search procedures.
An alternative solution is the sweep estimation and compensation technique. 21 Thanks to the prior knowledge of the transmitter position at the receiver, this technique reduces the Doppler shift by applying a linearly decreasing frequency sweep to the input signal. This technique is not attractive in critical scenario because the prior knowledge of satellite position could not be available.
Two open-loop techniques that are derived from the maximum likelihood estimation have been selected for our application due to their suitability for digital implementation and theoretical optimal performance.
The first solution is an advanced version of the delay-and-multiply estimator. The core of the system is the delay-and-multiply estimator, but this proposal is also influenced by the idea of using a coarse and a fine estimation sequentially as in the receiver realization that is described in another study. 7 The second solution consists of the searching of the maximum of the periodogram through a fast Fourier transformation at a reduced sample rate and after proper filtering process.
Digital D&M estimator
The digital delay-and-multiply D&M estimator, which is represented in Figure 5 , matches to the phase variation to determine the instantaneous frequency of the input signal. The rate of change is computed by using the Euler's method of approximating differential equations. 22 The instantaneous phase is generated by the arctangent of the complex-valued input signal y k . 7 The delay ΔT of the block that is used to compute the discrete differential equation is equal to the sampling time. The block indicated with the ()* symbol represents the complex conjugate operator. The digital formulation is defined by the following equation:
The estimator observation time depends on the number M of samples that are used by the estimator. The acquisition range of the D&M estimator is equal to 1 2ΔT
.
The performance of the delay-and-multiply scheme depends on the frequency value of the input signal: the greater the frequency, the greater the variance of the estimation. Hence, the receiver uses 2 delay-and-multiply estimators as shown in Fig. 6 : the first one is indicated as A and is a "coarse" estimator working on r k ; it performs a rough estimation of the frequency shiftΔf A . The r k samples represent a digital and low-pass version of the received signal r(t). A second D&M is used that is indicated as B: It is a "fine" estimator working on e k signal, that is, the signal with a frequency shift equal to the estimation error of estimation block A. Thanks to this mechanism the total estimator has a good performance also for input signals with large frequency Doppler shift. The total estimation,Δf tot , is the combination of coarse and fine operations, as defined in Equation 9 . The coarse observation time is equal to 128 bits and it is 8 times longer than the "fine" estimation time, that lasts 16 bits.
FIGURE 5
Delay-and-multiply 9 FIGURE 6 D&M estimator block diagram
The Figure 7 shows the mechanism of the global D&M estimator in a scenario that is characterized by E b ∕N 0 = 15dB and Δf = 30kHz. The total frequency estimation needs 2 coarse estimations to converge to the Doppler shift; during the initial 300 bits, the estimation is put equal to 0 due to the initialization of the model.
FFT Estimator
The second proposed estimator is an improvement of the ML estimator that is based on the the maximum of the periodogram research. The estimator uses the fast Fourier transformation to compute the periodogram and introduces 2 tricks to improve the performance and reduce the computational effort.
Considering that the bandwidth of the input signal of the estimator is the LPF bandwidth, which has been defined in Table 2 , the sample rate can be reduced accordingly. For this reason, the first block of the estimator, that is depicted in Fig. 8 
The second improvement is the addition of an averaging LPF after the FFT block. The effects are described by Equation 11 and depicted in Figure 9 , which shows the signal spectrum before and after the low pass filter; note that the Doppler shift is 30 kHz and E b ∕N 0 = 15 dB. The blue curve represents the B-PSK signal spectrum whose maximum is approximately located in correspondence of the Doppler shift while many other peaks are placed within the signal bandwidth. The red curve is the low pass filtered version of the blue one; as can be seen, it is a triangular curve with median point corresponding to the Doppler shift. Figure 10 shows the behaviour of estimator during the frequency acquisition phase with (red line) or without (green line) the LPF. The filter improves estimator performance, reducing the variance and stabilizing the estimation. Finally, the FFT estimator analytical formulation is defined by Equation 11 .
ML estimators comparison
As it is known, 11,12 the efficiency of an estimator is inversely proportional to variance of its error, ie, a small variance value is related to good performance. The lowest value of the variance is defined by the CRLB: an unbiased estimator that achieves this lower bound is said to be (fully) efficient.
The purpose of this section is to compare the proposed estimators by considering the bias, the variance, and their respective CRLB.
To evaluate the bias, the value of the estimated frequency with respect to the Doppler shift has been computed for different signal-to-noise ratios;
the results are shown in Figure 11 . The performance of an unbiased estimator should be characterized by an unitary slope; the obtained results testify this feature when Δf is up to 60 kHz. As expected, the performance degrades for low SNR and when the Doppler shift is greater than the LPF bandwidth (90 kHz). In one study, 20 Fitz describes a theoretical CRLB of the variance of the frequency estimation that is reported in Equation 12 . The formulation uses an estimation error that is defined as Ω sample −Ω sample = 2 (Δ −Δf)T sample and SNR b = 128SNR sample .
var
The figures of merits that are used for the comparison of the estimators are
The parameter N est is the number of samples that are used for the estimation; the N est value is equal to 2048 for the D&M estimator and to 1024
for the FFT based estimator, respectively. Hence, theoretically, the D&M estimator should show a better performance than the FFT-based one.
The Figure 12 shows the performance of the estimators of BIAS and RMSE over a wide range of possible Doppler shift values, by considering the estimation error, Ω sample −Ω sample , over a sample period. The results show that the FFT estimator is almost unbiased and that the D&M estimator could be considered unbiased only when E b ∕N 0 > 15 dB and Δf > 30 kHz. Regarding the RMSE, the FFT has a better performance than D&M in case of low and medium SNR value; when E b ∕N 0 > 20 dB, the D&M converges to the CRLB.
The successive results that are depicted in the graphs of Figure 13 show the performance of the estimators of BIAS and RMSE over a wide range of possible Doppler shift values, by reporting the estimation error over a bit interval rather over a sample period.* Considering that we are using a
sample is the phase offset in degrees that caused by the Doppler shift over a bit. Finally, a comparison of the acquisition time of both receivers for different values of signal-to-noise ratio and Doppler shift has been performed whose results are described in Figure 14 . The acquisition time has been defined as the time of number of bits that is requested to keep the phase error caused by the Doppler shift much lower than (ie, 0.1 ) where is the phase difference between B-PSK symbols. It is particularly interesting to note that the FFT estimator acquisition time is constant and independent from E b ∕N 0 B and Δf whereas the D&M estimator's one increases significantly when the frequency Doppler shift and E b ∕N 0 B get worse. Moreover, the D&M estimator performance is better than the FFT's one if good channel conditions are assumed as under that hypothesis the simple coarse estimation allows to perform the frequency estimation.
SYSTEM COMPARISON
In this section, we will compare the performance of the estimators when integrated into the receiver; the performance of receivers that are based on incoherent DD-PSK demodulation 14 will be used as a term of reference. In the following, 3 different scenarios will be considered: the first one, which is called fixed Doppler, is an ideal scenario with constant frequency Doppler shift, ie, no time variation is assumed. The second scenario simulates a link that is affected by a real Doppler shift as defined in Section 2. Finally, the last scenario takes into account an extremely variable signal-to-noise ratio due to the satellite tumbling as the one represented in Figure 1B in addition to the Doppler shift.
Fixed Doppler
The bit error rate curves that are reported in Figure 15 are essentially the same for different Doppler conditions even if the DD-PSK bit error probability is much higher than the other; a better performance of the receiver that is based on delay-and-multiply estimation is clearly highlighted if a time-invariant frequency Doppler shift is assumed. The presented performance can be further improved by the introduction of efficient channel coding techniques. 23 Beyond AWGN and Doppler shifts satellite links can be affected by additional impairments such as the nonlinearity, which is introduced by the high power amplifier and the phase noise that is caused by the RF oscillator; the system's performance with or without the aforementioned radio frequency impairments has been compared, and the results are present in Figure 16 . The phase noise impairment has been simulated using as a reference a voltage controlled SAW oscillator 24 whose performance are reported in Table 3 . The amplification distortion has been modelled using the cubic method of the simulink memory-less nonlinearity block provided by simulink's toolbox. The graphs show that these impairments cause a deterioration of performance of about 2 dB for both estimators.
Variable Doppler
This scenario considers a Doppler shift corresponding to the S-curve that is depicted in Figure 2A whose relative maximum and minimum elevation angle are equal to 90
• and 20
• , respectively. The visibility windows duration is 560 seconds during which about 18 Mbits are transmitted.
The selected S-curve is the worst operative case because it is characterized by the greatest Doppler shift rate in the centre of the visibility windows.
The performance of both the receiving schemes is measured in number of bit errors during a satellite visibility window. The curves in Figure 17 shows the cumulative distribution of bit errors for different values of signal-to-noise ratio. The graphs confirm that direct-conversion receivers have a very robust performance; particularly, the FFT-based estimator results the best one since it has a constant BER during all the visibility time; on the contrary, the DD-PSK performance depends on the Doppler shift rate; particularly, the greatest growing rate of the cumulative distribution is indeed obtained for the maximum value of Doppler rate. In Table 4 , the average bit error rates are summarized for different values of signal-to-noise 
Tumbling scenario
Finally, for sake of completeness, the tumbling satellite scenario is considered. The effectiveness of the receiver that is based on FFT estimator and compensator is also confirmed by the results in Figure 18 . The curves represent the bit error cumulative distributions that are achieved over the visibility window; in the sketches, both the situations of Figure 1A ,B, namely, a stable and an extremely variable signal-to-noise ratio that is caused by the satellite tumbling, are considered. As expected, in the latter case, the total number of error is very high and the great majority of bit erros are obtained when the E b ∕N 0 falls down. As shown by the curves, when the signal quality improves, the bit error cumulative distribution tends to converge to the step function that is depicted in Figure 1B .
This trend has been also confirmed by comparing the BER for the bits that have been received when the values of E b ∕N 0 ratio is greater than 12 dB; in that case, the BER based on FFT and D&M estimators are, respectively, null and equal to 8 · 10 −5 whereas the DD-PSK BER is equal to 0.1.
This result confirms that the performance of both the D&M and FFT the estimator is much better than the DD-PSK one.
CONCLUSION
Space TM/TC applications require reliable and robust modem solutions to guarantee a high performance in critical scenarios, such as in the LEO orbit applications and during the decommission phase when the satellite has random attitude and attitude rates.
In this paper, possible transceiver implementations for the aforementioned applications are proposed and compared; in particular, the paper focus the problem of Doppler shift carrier acquisition for LEO satellites and proposes 2 estimators with an excellent performance and a wide acquisition rage. 
